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[57] ABSTRACT 

A DBS receiver front end which converts the received signal 
directly to the baseband representation and maintains a high 
performance with a new techniques for tracking and coun- 
teracting frequency drift, and correcting I/Q angular error 
and amplitude imbalance. The DBS receiver front end 
comprises a tuner and a demodulator/decoder. The tuner 
receives a high frequency signal and converts it to a base- 
band signal having a frequency offset error. In one 
embodiment, the DBS receiver front end includes a 
demodulator/decoder which digitally performs I/Q angular 
error correction. The tuner converts the high frequency 
signal to a baseband signal having an in-phase and a 
quadrature -phase component. Ideally, the components are 
separated by ninety degrees, but typically an angular error 
exists. The demodulator/decoder includes an adaptive equal- 
izer for correcting the angular error. Having the equalizer 
allows for relaxed tolerances in the tuner. 

10 Claims, 6 Drawing Sheets 
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SYSTEM AND METHOD FOR CORRECTION 
OF I/Q ANGULAR ERROR IN A SATELLITE 
RECEIVER 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 

This invention relates to an apparatus for receiving and 
decoding a signal such as that transmitted according to the 
digital video broadcast standard ("Specifications of the 
Baseline Modulation/Channel Coding System for Digital 
Multi-Programme Television by Satellite", European Broad- 
casting Union, January 1994). Such signals are commonly 
used in satellite communications systems which employ 
error correction to combat signal corruption. More 
specifically, this invention concerns a device with a variable 
rate QPSK/BPSK demodulator and a concatenated Viterbi/ 
Reed-Solomon decoder. 

2. Description of the Related Art 

Digital broadcast satellite (DBS) communication systems 
provide reliable long range transmission of information 
without the need for a pre-existing network of transmission 
lines and routing switches. However, since the costs entailed 
in creating a satellite and placing it in orbit are literally 
astronomical, the economic practicality of these systems 
depends in large part on widespread use of DBS receiver 
systems. Consequently containment of the costs while maxi- 
mizing the performance of DBS receiver systems plays an 
important role for the emerging DBS technology. 

FIG. 1 shows a diagram of portions of a DBS system 100 
in operation. A service provider 102 broadcasts a signal by 
way of a satellite 104 to a user dish 106. In this manner, user 
dish 106 receives an encoded digital data stream modulated 
onto a carrier in the Ku-Band (12 GHz). User dish 106 has 
a down-converter (known as an LNB) which provides a 
receive signal 108 to DBS receiver 110. Receive signal 108 
is obtained by shifting the frequency of the modulated signal 
carrier from Ku-Band to the L-Band (1-2 GHz). DBS 
receiver 110 comprises a front end that demodulates and 
decodes the digital data stream, and a back end that pro- 
cesses the digital data stream to implement the provided 
services, e.g. digital cable programming. DBS receiver 110 
is colloquially referred to as a set-top box since it is 
commonly positioned on top of a television set 112 as 
shown. 

In DBS system 100, the digital signal modulation is 
typically of the binary or quadrature phase shift keying type. 
The signal passes through the atmosphere and is subjected to 
various forms of interference. Hence the received signal is 
a corrupted version of the transmitted signal. Due to the 
power restrictions placed on satellite transmission channels, 
the probability of digital data errors due to signal corruption 
is substantial. To maximize a signal power to noise power 
ratio (SNR) of the signal, equalization is used. However, to 
make satellite communications reliable at high data rates, 
error correction codes are needed. The error correction 
coding scheme advocated by the standard referenced above 
is a concatenated coding scheme. 

Another issue which must be addressed by the DBS 
receiver is frequency drift. For example, one source of 
frequency drift is that the carrier frequency of the output 
signal provided by an economical LNB can drift by ±5 MHz 
with temperature. 

FIG. 2 shows one implementation of a DBS receiver front 
end 200. Front end 200 comprises a tuner 202 and a 
demodulator/decoder 204. Tuner 202 converts received sig- 
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nal 108 to quadrature baseband signals. Demodulator/ 
decoder 204 converts the quadrature baseband signals to 
digital form, then performs digital equalization and decod- 
ing to produce output data stream 238. As discussed further 

5 below, demodulator/decoder 204 also provides feedback 
signals to tuner 202 for timing and gain control 

Tuner 202 comprises a frequency synthesizer 216 
(typically comprising a voltage controlled oscillator), an 
analog multiplier 206, an intermediate frequency bandpass 

10 filter 208, a gain control amplifier 210, an I/Q down con- 
verter 212, and a lowpass filter 214. Frequency synthesizer 
216 is set by an external microprocessor 236 to be "tuned" 
to the received signal. The tuned frequency synthesizer 
provides a signal with a frequency which is offset by a fixed 

15 amount (typically 480 MHz) from the frequency of the 
desired received signal. The fixed amount will be the fre- 
quency of a product signal which results when multiplier 
206 multiplies the signal from the frequency synthesizer and 
the received signal. 

20 Multiplier 206 multiplies received signal 108 and the 
output signal from frequency synthesizer 216 to effectively 
shift the frequency of received signal 108 to an intermediate 
frequency (typically 480 MHz) in an intermediate frequency 
signal. The product signal at the output of multiplier 206 can 

25 be expressed as the sum of a desired intermediate frequency 
signal and other undesired byproduct signals. The product 
signal is coupled to intermediate frequency bandpass filter 
208 which removes the undesired frequency components 
(and in so doing, removes the undesired byproduct signals) 

30 leaving only the intermediate frequency signal. 

Output from bandpass filter 208 is coupled to gain control 
amplifier 210 which regulates the amplitude of the interme- 
diate frequency signal. Gain control amplifier 210 has an 

3S adaptive gain which is set to provide a constant-maximum 
amplitude output signal. The regulation mechanism is a loop 
filter 234 which operates on a negative feedback signal 
provided by demodulator/decoder 204. The effect of loop 
filter 234 is to increase the gain of gain control amplifier 210 

40 when the maximum amplitude of the output signal declines 
below a target level, and to decrease the gain when the 
maximum amplitude exceeds a target level. 

Output of the gain control amplifier 210 is coupled to I/Q 
down converter 212 which converts the intermediate fre- 

45 quency signal to quadrature baseband signals. The conver- 
sion may take place in a similar fashion to the previous 
frequency conversion using output from a fixed-frequency 
oscillator 218, but at baseband two signals are needed. The 
two baseband signals represent the in-phase (I) and 

50 quadrature-phase (Q) components of the intermediate fre- 
quency signal. A lowpass filter 214 is employed in the 
similar fashion to the way baseband filter was used to 
remove undesired frequency components. In this fashion, 
tuner 202 converts received signal 108 to quadrature base- 

55 band signals. 

Demodulator/decoder 204 comprises an analog-to-digital 
converter (ADC) 220, a decimation block 222, a matched 
filter 224, a decode logic 226, and a timing, carrier and gain 
error block 230. ADC 220 converts the quadrature baseband 

60 signals into digital form at a sampling rate and sampling 
phase determined by a signal from a voltage controlled 
oscillator (VCO) 228. The digital baseband signals are 
decimated by decimation block 222 (i.e. the sample rate is 
reduced by dropping a fixed number of samples from each 

65 timing interval) to a rate of two samples per symbol interval. 
Decimation block 224 allows for over-sampling by ADC 
220. Over-sampling is the practice of sampling an analog 
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signal at a higher rate than the symbol rate. Use of this a new method for tracking frequency drift is needed. Further, 

practice allows the transfer of some filtering operations from any technique which improves the system performance with 

the analog domain to the digital domain. In general, only little or no added cost is desirable, 

simple analog filters are practical. For complex filtering SUMMARY OF THE INVENTION 

operations, digital filters are significantly easier to imple- 5 _ L1 ... . . , j ^ 

,Zct ia„ «™ *,JT„i;„„ p • t . The problems outlined above are in large part solved by 

ment and adjust. By over-samplmg and performing the tnt»p c . *a l* l - .u ■ j • i 

* u j an *• * i« j * i j • u * *• i a DBS receiver front end which converts the received signal 

matched filter operation m the digital domain, a substantial direcU to ^ b ^ Qd nUtion and maintains a ^ 

implementation complexity reduction is achieved. performance wim a new techniques for trackmg and coun- 

Furthermore the use of over-sampling aUows relaxed tol- teractin frequency drift and t/q angular error . ^ DBS 

erances on the analog filters used in the analog-to-digital 10 rece iver front end comprises a tuner and a demodulator/ 

conversion process, without significant impairment to the decoder. The tuner receives a high frequency signal and 

signal-to-noise ratio. converts it to a baseband signal having a frequency offset 

The output of decimation block 222 passes through error. In one embodiment, the DBS receiver front end 

matched filter 224, which substantially maximizes the includes a demodulator/decoder which performs tuning fre- 

signal-to-noise ratio of the digital baseband signals. To 15 quency adjustments on the tuner to reduce frequency offset 

accomplish this, the impulse response of matched filter 224 C ™ T without the mediation of an external microprocessor, 

is designed to be the time-reverse of the shape of a signal The tuner includes a tuning-frequency synthesizer which is 

corresponding to one symbol. Hence, the impulse response set t0 ^ne in a desired reception band. The setting is 

is "matched" to the symbol signal. One common symbol provided by the demodulator/decoder which mediates for an 

signal shape is a square root raised cosine. 20 c / tct ™} microprocessor. In this architecture the 

^_ . , . t , „ . demodulator/decoder is able to freely adjust the tuning 

The signal provided at the output of matched filter 224 is frequency to compensate for frequency offset error. By 

processed by decode logic 226 to provide error correction removing the external microprocessor from the feedback 

and substantially recover the transmitted data stream. This i oopt frequency offset error is more quickly and accurately 

received data stream is then provided as output signal 238. compensated. 

In this manner, demodulator/decoder 204 converts the 25 i n another embodiment, the DBS receiver front end 
quadrature baseband signals to digital form, then performs includes a demodulator/decoder which receives the base- 
digital equalization and decoding to produce output data band signal and produces a compensation signal for cancel- 
stream 238. ing the frequency offset error. The demodulator/decoder 
The signal provided at the output of matched filter 224 is performs the frequency-offset error compensation digitally, 
processed by timing, carrier and gain error block 230 to T^ demodulator/decoder includes an A/D converter which 
determine an estimate of error conditions present in the over-samples (samples at a rate of more than two samples 
signal. One estimate is for the gain error, and this estimate P er s y mbo1 P eriod ) the baseband signal and converts it to 
is passed to loop filter 234, which was described above. A d 1 1 & ltal fo 1 rm ;. The ^modulator/decoder also includes a corn- 
second estimate is for the sampling phase error, and this „ 1**^^ P ! over "^ pled H 

estimate is passed to loop filter 232. Loop filter 232 operates 35 b ?* and * e °°f * ?f oducc f ? 

. A \. i- . , r r iT ^r> onset-error-canceled signal. The complex multiplier is fol- 

to regulate , the sampling phase and frequency of ADC 220. ]owcd b a decimation ^ which r< £ uccs thc ^ lc „ te 

A third estimate is formed for the carrier frequency offset of ftc off^rTor-canceled signal to two samples per sym- 

error. This estimate is periodically sampled by external bol embodiment has an increased frequency 

microprocessor 236 and used to adjust the setting of fre- m ofiket tracking range, which allows for the use of relaxed 

quency synthesizer 216. In this manner, demodulator/ tolerances in the tuner and LNB. 

decoder 204 provides feedback signals to tuner 202 for Irj yct another embodiment, the DBS receiver front end 

timing and gain control. includes a demodulator/decoder which digitally performs 

FIG. 3 shows a second implementation of a DBS receiver I/Q angular error correction and amplitude imbalance cor- 

front end 300. Components which have direct counterparts 45 rection. The tuner converts the high frequency signal to a 

in front end 200 are numbered identically. Fixed-frequency baseband signal having an in-phase and a quadrature-phase 

oscillator 218 has been replaced with an intermediate fre- component. Ideally, the components are separated by ninety 

quency (IF) VCO 318. IF VCO 318 provides a signal to I/Q degrees, but typically an angular error exists. The 

down converter 212 which a variable frequency which is demodulator/decoder includes an adaptive equalizer for cor- 

regulated by loop filter 319 operating on a feedback signal 50 re f tin g th ? an 8 ular . ^ Having the equalizer allows for 

provided by timing and gain error block 330. This approach rclaxed Frances in the tuner and LNB. 

allows for continuous monitoring and compensation of a . l ? aQOthe ^ embodiment, the DBS receiver front end 

limited amount of frequency drift. Large drifts must still be ™ ludes a demodulator/decoder which preserves frequency 

, , , • , L ~f ~; -, nna , m .n£ n,' • offset error tracking through a channel change. The 

compensated by intervention of microprocessor 236. This is , . . 4 , . , & .... j * i j 

u /.u £r * u j c,f mo . - . demodulator/decoder receives the baseband signal and pro- 
true because of me effect bandpass filter 208 has on signals ec j , c X t> 

u- u j -a . r.u u j & 55 duces a compensation signal for canceling the frequency 

which drift out of the range of the pass band. rr „ rZ. . , . . . . ' 

& ; onset error. This is done using an element which generates 

The two discussed implementations of a DBS receiver a va | ue indicative of the frequency offset error. Since the 

front end are previously implemented methods for convert- frequency offset error is independent of the selected channel, 

ing a DBS signal into a received data stream. Improved freezing the value indicative of the frequency offset error 

implementations are desirable. In particular, an implemen- 60 during a channel change enables a much faster acquisition of 

tation which does not require external microprocessor inter- timing. In this manner faster channel acquisition is obtained, 
vention for tracking frequency drift would both reduce cost 

and improve performance. Also, an implementation of the BRIEF DESCRIPTION OF THE DRAWINGS 

tuner which converts directly from the received signal to the Other objects and advantages of the invention will 

baseband representation would be more cost effective. To 65 become apparent upon reading the following detailed 

make it feasible to do a direct conversion for DBS, however, description and upon reference to the accompanying draw- 

a new method for correcting l/Q angular error is needed, and ings in which: 
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FIG. 1 is a high level view of a DBS system having a DBS 
receiver. 

FIG. 2 is a block diagram of a DBS receiver front end 
embodiment which compensates for frequency offset error 
using an external microprocessor; 

FIG. 3 is a block diagram of a DBS receiver front end 
embodiment which can compensate for frequency offset 
error by adjusting the input frequency of the I/Q downcon- 
verter; 

FIG. 4 is a block diagram of a DBS receiver front end 
embodiment which compensates for frequency offset error 
without the mediation of an external microprocessor; 

FIG. 5 is a block diagram of a DBS receiver front end 
embodiment which performs a direct downconversion to 
baseband, digitally performs frequency offset error 
compensation, and performs angular error correction; 

El G. 6 is a block diagram of a loop filter which may be 
used timing errors to an estimate of a frequency or phase 
error; and 

FIG. 7 is a block diagram of a loop filter with additional 
inputs to implement a sweep behavior and a freeze behavior. 

While the invention is susceptible to various modifica- 
tions and alternative forms, specific embodiments thereof 
are shown by way of example in the drawings and will 
herein be described in detail. It should be understood, 
however, that the drawings and detailed description thereto 
are not intended to limit the invention to the particular form 
disclosed, but on the contrary, the intention is to cover all 
modifications, equivalents and alternatives falling within the 
spirit and scope of the present invention as defined by the 
appended claims. 

DETAILED DESCRIPTION OF THE 
INVENTION 

Turning now to the drawings, FIG. 4 shows a block 
diagram of a DBS receiver front end 400. Comparing FIG. 
2 and FIG. 4, it is noted that unlike DBS receiver front end 
200, where external microprocessor 236 is coupled to fre- 
quency synthesizer 216 for selecting a reception band, DBS 
receiver front end 400 provides the setting to frequency 
synthesizer 216 from demodulator/decoder 204. Some addi- 
tional logic is added to demodulator/decoder 204 to permit 
an external microprocessor 436 to select a desired reception 
band, but some advantages accrue to altering the role of the 
microprocessor. Receive signal 108 is subject to frequency 
drift which induces a frequency offset error in the output of 
tuner 202. For optimum performance, the frequency offset 
error must be counteracted quickly and correctly. In DBS 
receiver front end 200, compensation of the frequency offset 
error can only be provided by external microprocessor 236. 
To determine the correct adjustment to the setting of fre- 
quency synthesizer 216, external microprocessor 236 must 
regularly interrupt itself and poll demodulator/decoder 204 
for an estimate of the frequency offset error. It is noted that 
this introduces a delay in the feedback error correction of the 
frequency offset. 

In DBS receiver front end 400, a timing, carrier and gain 
error block 430 is coupled to frequency synthesizer 216 
without the mediation of an external microprocessor. 
Timing, carrier and gain error block 430 is configured to 
accept a reception band setting from external microproces- 
sor 436, and thereafter the setting and adjustments are under 
the sole control of demodulator/decoder 204. Timing, carrier 
and gain error control block 430 makes direct adjustments to 
the setting of frequency synthesizer 216. A frequency offset 
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error feedback loop is thereby provided without the delay 
introduced by conventional DBS receiver front end imple- 
mentations. 

Id FIG. 3, DBS receiver front end 300 exhibits a second 

5 approach to frequency offset error correction. In front ends 
having an intermediate frequency (IF) stage, a limited 
amount of frequency offset error may be compensated for by 
altering the setting of the IF VCO 318 used in the down- 
conversion from IF. Timing, carrier aod gain error block 330 

10 provides a feedback signal which is used by loop filter 319 
to adjust the setting of IF VCO 318. The amount of fre- 
quency offset error which can be corrected in this fashion is 
limited by the necessary presence of bandpass filter 208. 
Once the frequency offset error has become large enough for 

1S some of the frequencies in the reception band to be removed 
by the bandpass filter, the distortion can no longer be 
corrected by adjusting IF VCO 318. Hence, in addition to 
this feedback path, the previous feedback method provided 
by the mediation of an external microprocessor is still 

20 required. 

Turning now to FIG. 5, a DBS receiver front end 500 is 
shown. Front end 500 comprises a tuner 502 and a 
demodulator/decoder 504. Comparing Fig.2 and FIG. 5, it is 
noted that unlike tuner 202, tuner 502 performs a direct 

25 downconversion of receive signal 108 to baseband, i.e. no IF 
stage is present. An optional amplifier 508 buffers and 
amplifies receive signal 108, which is then directly con- 
verted into quadrature baseband components by I/Q down- 
converter 510. A frequency synthesizer 518 is set to be 

30 "tuned" to the received signal. I/Q downconverter 510 
multiplies the output signal from frequency synthesizer 518 
with received signal 108 to effectively shift the modulation 
frequency of received signal 108 to substantially zero in a 
baseband signal. A gain control amplifier 512 has an adap- 

35 tive gain which is used to adjust the magnitude of the 
baseband signal to provide a constant-maximum amplitude 
output signal. The product signal at the output of I/Q 
downconverter 510 can be expressed as the sum of the 
desired baseband signal and ■ other undesired byproduct 

40 signals. The product signal is coupled to lowpass filter 214 
which removes the undesired frequency components (and in 
so doing, removes the undesired byproduct signals) leaving 
only the baseband signal. The baseband signal is divided 
into two components, one signal represents the in-phase (I) 

45 component, and one represents the quadrature-phase (Q) 
component of receive signal 108. 

Frequency synthesizer 518 is set by means of a loop filter 
519, which operates on a signal provided by demodulator/ 
decoder 504. The filter is initially set to the "correct" value 

so for the desired reception band, then may be periodically 
adjusted by demodulator/decoder 504 to track the actual 
frequency band of the desired receive signal to compensate 
for frequency drift. The regulation mechanism for gain 
control amplifier 512 is a loop filter 234 which operates on 

55 a negative feedback signal provided by demodulator/ 
decoder 504. The effect of loop filter 234 is to increase the 
gain of gain control amplifier 512 when the maximum 
amplitude of the output signal declines below a target level, 
and to decrease the gain when the maximum amplitude 

60 exceeds a target level. 

Demodulator/decoder 504 comprises an analog-to -digital 
converter (ADC) 220, a complex multiplier 522, an optional 
angular error equalizer 530, a decimation block 524, an 
interpolation block 526, a matched filter 528, an output 

65 control circuit 532, decode logic 226, a timing and gain error 
block 538, and a carrier frequency error block 540. ADC 220 
converts the quadrature baseband signals into digital form at 
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a sampling rate and sampling phase determined by a signal 
from an external oscillator 533. As will be discussed further 
below, external oscillator is set to oversample (i.e. sample at 
a rate more than twice the highest frequency component) the 
baseband signals. 

The digital baseband signals may then pass through an 
optional equalizer 530. Optional equalizer 530 is designed to 
correct I/Q angular error and I/Q amplitude imbalance. 
Ideally, the I and Q components represent portions of the 
receive signal that are 90 degrees out of phase. When the 
tuner and subsequent circuitry is less than ideal, the I and Q 
components may no longer be 90 degrees out of phase, and 
hence have an angular error sufficient to degrade perfor- 
mance. Additionally, the two separate signal paths for the 
I/Q components may result in an amplitude imbalance which 
can degrade performance. This angular error and amplitude 
imbalance is correctable by use of an adaptive finite-impulse 
response (FIR) filter which adjusts the amplitude and phase 
of one component relative to the other. Hence the addition 
of an angular error equalizer avoids the problem of degraded 
performance which might otherwise occur due to use of a 
direct downconversion tuner. 

The digital baseband signals are then multiplied by the 
output signal from a numerically controlled oscillator 
(NCO) 534 by complex multiplier 522. NCO 534 is set to 
provide a signal which cancels the frequency offset error. An 
important advantage is gained by canceling the offset error 
while the signal is oversampled. The range over which the 
frequency oflset error can be tracked and compensated is 
N-fJ2, where N is the number of samples per symbol and 4 
is the symbol rate. By allowing N to range as high as 16 or 
more, the tracking range is greatly extended relative to 
Nyquisl sampling (N=l). Since a tuner which performs 
direct downconversion to baseband (e.g. tuner 502) is sus- 
ceptible to significant frequency oflset errors in the baseband 
signal, having an extended tracking range in the 
demodulator/decoder makes using the more cost-effective, 
direct downconversion tuners feasible. 

The offset-error canceled signal at the output of complex 
multiplier 522 passes through decimation block 524 which 
lowpass filters the digital baseband signal in preparation for 
downsampling. Interpolator 526 then reduces the sampling 
rate to two samples per symbol, with the sampling times 
adjusted according to feedback from loop filter 536. The 
downsampled signal is coupled to matched filter 528, which 
is designed to substantially maximize the signal-to-noise 
ratio of the digital baseband signal. To accomplish this, the 
impulse response of matched filter 528 is designed to be the 
time-reverse of the shape of a signal corresponding to one 
symbol. Hence, the impulse response is "matched" to the 
symbol signal. One common symbol signal shape is a square 
root raised cosine. 

Prior to the decoding stage, the sampling rate of the signal 
must be made equal to the symbol rate. This is accomplished 
by output control block 532 which passes on only one 
sample per symbol. The resulting sample sequence is pro- 
cessed by decode logic 226 to provide error correction and 
substantially recover the transmitted data stream. This 
received data stream is then provided as output signal 238. 

The signal provided at the output of matched filter 528 is 
processed by timing and gain error block 538 to determine 
an estimate of error conditions present in the equalized 
signal. One estimate is for the gain error, and this estimate 
is passed to loop filter 234, which was described above. A 
second estimate is for the sampling phase error, and this 
estimate is passed to loop filter 536. Loop filter 536 operates 
to regulate the sampling phase of interpolator 526. 
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Based on the signal provided to the output control block 
532, another estimate is formed for the frequency offset error 
by carrier frequency error block 540. Two frequency offset 
correction modes may be used. At high symbol rates (i.e. 
5 when the desired reception bandwidth is roughly the same 
size as the lowpass filter bandwidth), the frequency offset is 
corrected by causing loop filter 519 to "bump" the setting of 
frequency synthesizer 518. At these symbol rates, the timing 
loops remain locked, and performance is not compromised. 
At low symbol rates (i.e. when the desired reception band- 
width is significantly smaller than the lowpass filter 
bandwidth), the receive signal is allowed to drift within the 
lowpass filter, and the frequency offset error estimates are 
processed by loop filter 542 to adjust the setting of NCO 

15 534 

Turning now to FIG. 6, a block diagram of a loop filter 
600 is shown. Loop filter 600 converts an error signal 602 
into a feedback signal 604. Error signal 602 is multiplied 
(606) by a scale factor p and integrated (608). Error signal 

20 602 is also multiplied by a second scale factor X (610) and 
added (612) to the result from integrator 608 to form 
feedback signal 604. Details on the theory of feedback 
control may be found in many standard textbooks. 

FIG. 7 shows a block diagram of loop filter 542. Loop 

25 filter 542 operates in much the same way as loop filter 600, 
but with additional inputs. A sweep input 704 is added (702) 
to the input to the integrator 706. By setting sweep input to 
a constant non-zero value, feedback signal 604 is caused to 
"scan" across a range of settings for NCO 534. Sweep input 

3 Q 704 may be used during the initial signal acquisition opera- 
tion of DBS receiver front end 500. 

Integrator 706 operates in each clock cycle by adding the 
input to the contents of a register and providing the value of 
the register contents as the output. In ideal operation, the 

35 register contents represent the value of the frequency offset 
error. Since this value is not a function of the desired receive 
signal, it is desirable that the contents of the register not be 
unduly altered during a channel change. A faster return to 
steady state performance may be achieved by freezing the 

40 contents of the register until a phase lock has been achieved 
by loop filter 536. In this case, asserting input 708 would 
simply cause integrator 706 to stop adding the input signal 
to the register. In an alternate embodiment, the contents of 
the register may be read prior to a channel change, then 

45 written to the register after the channel change. In this case, 
input 708 would initialize the contents of the register to the 
stored value. This approach would have much the same 
affect, but with added flexibility of allowing an initialization 
to a calculated value should the feedback signal setting 

50 which corresponds to the frequency oflset error be a function 
of the desired receive band. 

In summary, DBS receiver embodiments have been 
described which (1) do not require external microprocessor 
intervention for tracking frequency drift, (2) convert directly 

ss from the received signal to the baseband representation, (3) 
digitally track and compensate for frequency offset error in 
the demodulator/decoder, (4) correct I/Q angular error using 
a digital equalizer, and (5) preserve the estimate of fre- 
quency offset error across a channel change. Each of these 

60 characteristics individually and in combination act to 
improve the DBS receiver front end performance and/or 
decrease implementation cost. 

Numerous variations and modifications will become 
apparent to those skilled in the art once the above disclosure 

65 is fully appreciated. It is. intended that the following claims 
be interpreted to embrace all such variations and modifica- 
tions. 



09/11/2003, EAST Version: 1.04.0000 



5,812, 

9 

What is claimed is: 

1. A DBS receiver front end having digital angular-error 
compensation, said DBS receiver front end comprises: 

a tuner configured to receive a high frequency signal and 
convert said high frequency signal to a baseband signal 5 
having an in -phase component and a quadrature -phase 
component, wherein said components have an angular 
error; 

a demodulator/decoder coupled to receive said baseband 
signal, wherein said demodulator/decoder is configured 10 
to compensate for the angular error, and wherein said 
demodulator/decoder is configured to convert said 
baseband signal to a digital data signal wherein said 
demodulator/decoder includes: 

an equalizer coupled to receive said baseband signal, 15 
wherein said equalizer is configured to reduce the 
angular error of said baseband signal components; 

an A/D converter coupled to convert said baseband 
signal to a digital baseband signal; 

a complex multiplier coupled to multiply said digital 20 
baseband signal by a compensation signal to produce 
an offset-error-canceled signal; 

an oscillator configured to produce said compensation 
signal in response to a frequency offset value; 

a loop filter coupled to receive a timing error signal and 1S 
responsively update said frequency offset value; 

a second loop filter coupled to receive a phase-error 
signal and responsively generate a phase-adjust sig- 
nal; 

an interpolator coupled to receive said offset-error- 30 
canceled signal, wherein said interpolator is also 
coupled to receive said phase-adjust signal, wherein 
said interpolator is configured to responsively inter- 
polate said offset-error-canceled signal; 

a matched filter coupled to receive said interpolated 3S 
signal, wherein said matched filter is configured to 
substantially maximize a signal-to-noise ratio of said 
interpolated signal; 

a decoder coupled to receive said match-filtered signal 
and configured to convert said match -filtered signal ^ 
into an output data stream. 

2. The DBS receiver front end of claim 1, wherein said 
demodulator/decoder further comprises a timing error detec- 
tor coupled to receive said match filtered signal and respon- 
sively produce said timing error signal. 45 

3. The DBS receiver front end of claim 1 wherein said 
demodulator/decoder further comprises a phase error detec- 
tor coupled to receive said match filtered signal and respon- 
sively produce said phase error signal. 

4. The DBS receiver front end of claim 1, wherein the 50 
tuner comprises: 

a multiplier coupled to receive said high frequency signal, 
wherein said multiplier is also coupled to receive an 
oscillating signal, and wherein said multiplier is con- 
figured to multiply said high frequency signal with said 55 
oscillating signal to produce a product signal; 

a first filter coupled to receive said product signal and 
configured to pass only a frequency band of said 
product signal. 

5. The DBS receiver front end of claim 4, wherein the 60 
tuner further comprises: 

a gain control amplifier coupled in series with said first 
filter to receive said product signal, wherein said gain 
control amplifier is configured to change an amplifica- 
tion factor in response to a feedback signal, wherein the 65 
gain control amplifier if further configured to apply said 
amplification factor to said product signal; 
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a loop filter coupled to receive a gain-error signal, 
wherein said loop filter is configured to convert said 
gain-error signal into said feedback signal. 

6. The DBS receiver front end of claim 4, wherein the 
tuner further includes: 

an I/Q downconverter coupled to receive a filtered signal 
from said first filter, wherein said I/Q downconverter is 
configured to convert said filtered signal into a base- 
band signal; 

a second filter coupled to receive said baseband signal, 
wherein said second filter is configured to block all 
frequencies of said baseband signal above a predeter- 
mined frequency. 

7. A method for removing I/Q angular error from a 
baseband signal, said method comprises the steps of: 

converting said baseband signal into a digital baseband 
signal having an two input components, wherein each 
of said input components is sampled at a rate of at least 
one sample per symbol period; 

multiplying a first of said input components by a first 
coefficient to form a scaled component; 

adding said scaled component to a second of said input 
components; 

providing two output components as an output signal, 
wherein a first of said output components is an unal- 
tered one of said input coefficients, and wherein a 
second of said output components is a weighted sum of 
said input components. 

8. A method for removing I/Q angular error from a 
baseband signal, said method comprises the steps of: 

converting said baseband signal into a digital baseband 
signal having an two input components, wherein each 
of said input components is sampled at a rate of at least 
one sample per symbol period; 

multiplying a first of said input components by a first 
coefficient to form a scaled component; 

adding said scaled component to a second of said input 
components; 

multiplying the second of said input components by a 
second coefficient prior to addition with said scaled 
component; 

wherein said first coefficient is substantially the negative 

tangent of the angular error, and 
wherein said second coefficient is substantially the secant 

of the angular error. 

9. A DBS receiver front end having digital angular-error 
compensation, said DBS receiver front end comprises: 

a tuner configured to receive a high frequency signal and 
convert said high frequency signal to a baseband signal 
having an in-phase component and a quadrature-phase 
component, wherein said components have an angular 
error; 

a demodulator/decoder coupled to receive said baseband 
signal, wherein said demodulator/decoder is configured 
to convert said baseband signal to a digital data signal, 
and wherein said demodulator/decoder includes: 
an equalizer coupled to receive said digital baseband 
signal, and configured to reduce the angular error of 
said baseband signal components, wherein the equal- 
izer multiplies a first of the baseband signal compo- 
nents by a first coefficient to form a scaled compo- 
nent and adds the scaled component to a second of 
the baseband signal components to form a first 
output signal component, and wherein the equalizer 
provides unaltered the first of the baseband signal 
components as a second output signal component. 
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10. A DBS receiver front end having digital angular-error 
compensation, said DBS receiver front end comprises: 

a tuner configured to receive a high frequency signal and 
convert said high frequency signal to a baseband signal 
having an in-phase component and a quadrature-phase 5 
component, wherein said components have an angular 
error; 

a demodulator/decoder coupled to receive said baseband 
signal, wherein said demodulator/decoder is configured 
to convert said baseband signal to a digital data signal, 10 
and wherein said demodulator/decoder includes: 
an equalizer coupled to receive said digital baseband 
signal, and configured to reduce the angular error of 
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said baseband signal components, wherein the equal- 
izer multiplies a first of said input components by a 
first coefficient to form a first scaled component, 
multiplies a second of said input components by a 
second coefficient to form a second scaled 
component, and adds said scaled components to 
form an output signal component, wherein said first 
coefficient is substantially the negative tangent of the 
angular error, and wherein said second coefficient is 
substantially the secant of the angular error. 

***** 
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